ABSTRACT Electrocardiogram (ECG) is a non-invasive method to monitor electric activities inside the heart. The signals observed on the surface of human body have very low amplitude, and thus, ECG is highly vulnerable to noise. One of the most devastating noise is power line interference (PLI) and its harmonics, which are interlaced with ECG signal even if the ECG equipment is operated on battery. The problem is further complicated when the frequency of PLI is not static, making the conventional notch filter completely ineffective. High-resolution electrocardiogram (HRECG) is a specialized technique in which higher frequency components present in the ECG signal are observed; here, we need to eliminate the harmonics of PLI as well. In this paper, we propose an intelligent adaptive noise rejection filter, which tracks and eliminates PLI as well as its harmonics. The proposed system can estimate the frequency of PLI and tune the adaptive filter for precise elimination of PLI as well as its harmonics without the requirement of an auxiliary reference input. The proposed system is based on recursive state space model, inherited with less computational complexity and performs well in a non-stationary environment. The proposed system responds well to the ongoing variations in amplitude and frequency of PLI present in the HRECG signal as well as intracardiac signal. The proposed system does not require any reference signal for tracking the PLI and its harmonics, and it is capable to self-adjust its tracking frequency for highly precise filtration of first, third, and fifth harmonics of PLI.
I. INTRODUCTION
Electrocardiogram (ECG) signals with high resolution in both time and amplitude is defined as High Resolution Electrocardiogram (HRECG). HRECG signal is used for diagnosis of hidden parameters of heart diseases especially for prognosis of sudden cardiac death (SCD). HRECG having a wider frequency band of interest as compared to a normal EC signal is more sensitive to various kinds of noises; out of which Power Line Interference (PLI) is most destructive disturbance. For the case of HRECG signal the filtration of PLI and its harmonics should be more accurate and precise. An ECG signal having PLI less than 0.5% of the peak-to-peak QRS amplitude is referred as high-quality ECG; same criteria is applicable for HRECG signal [1] .
Various methods to eliminate the PLI from the observed signal have been used. One of the conventional methods is the use of a notch filter. The notch filter can be designed either as finite impulse response (FIR) or infinite impulse response (IIR) filter. Mostly IIR notch filters are used because of their much smaller filter order as compared to equivalent FIR notch filters. The notch filter cannot work well when the PLI signal frequency drifts beside having other limitations of transient response and ringing effects [2] . In such cases, adaptive filter is necessary, whose response is adjusted automatically through some variable parameter according to the specified criterion.
As an alternate of notch filter, many authors have proposed different adaptive filtration techniques. Concept of adaptive noise cancellation (ANC) was introduced by Widrow et al. and J. R. Glover applied it for power line interference cancellation [3] , [4] . ANC requires power line signal as a reference signal for adaptation by the adaptive filters like Least Mean Square (LMS) and Recursive Least Square (RLS) [5] , [6] . Moreover the reference input also makes medical devices costly and is not always available especially in portable equipments.
Later on, a technique known as ASIC (Adaptive Sinusoidal Interference Canceller) was proposed, in which frequency of a sinusoidal interference is assumed to be a known parameter whereas amplitude and phase are two adaptive variables of the system [7] , [8] . Another approach is proposed by Bazhyna in which he isolates the linear and non linear segments in ECG and then uses the linear segments to estimate the PLI [9] . A limitation of this approach is that QRS complexes and linear segments need to be detected prior to PLI detection thus makes the system more complex. Koseeyaporn et al. use geometric representation and sinusoidal interference as a combination of sine and cosine waves [10] . They adjust the amplitude of reference signal by changing the amplitude and phase of sine and cosine waves using LMS algorithm. Islam S. Badreldin et al. presented the adaptive removal of PLI noise and its harmonics from ECG signal without sampling an external power line reference signal [11] , [12] .
In our previous work [13] an adaptive configuration was proposed which does not require a reference signal to track and eliminate the PLI present in an ECG signal. This paper is an extension of [13] by making it workable for high resolution Electrocardiogram (HRECG) signal which contain frequency components up to 300Hz. While dealing with HRECG signal, we need to filter out PLI interference as well as its harmonics present in the HRECG signal. To cater for the frequency variation of PLI, an online frequency estimation technique is implemented which dynamically tunes adaptive filter thus making its functioning highly effective.
The rest of the paper is organized as follows. In section II, the problem of sinusoid interference is formulated and state space model of PLI and its harmonics is derived. In section III the proposed technique for adaptive noise cancellation is presented. In section IV computer simulations are illustrated and results are discussed. Finally, conclusions are drawn in Section V.
II. PROBLEM FORMULATION A. FREQUENCY SPECTRUM OF HRECG
HRECG signal shows higher frequency components present in ECG signal and are useful for prognosis of SCD e.g., Ventricular Late Potential (VLP), Heart Rate Variability (HRV) etc. The frequency spectrum of a standard ECG is concentrated between 1-80 Hz whereas to observe the manifestation of VLP, the frequency components up to 300 Hz are taken into consideration [14] . For such purpose, sampling frequency of HRECG is kept at least 1 kHz.
B. PLI AND ITS HARMONICS PRESENT IN HRECG
Ideally a 50Hz AC power system contains only fundamental frequency component of 50Hz but practically integral multiples of fundamental frequency known as harmonics are also present. Generally only odd harmonics are present in the power system because of half wave symmetry property [15] .
For a standard ECG signal, we are interested in frequency band of 1-80Hz, therefore we need to tackle only the 1 st harmonic i.e., fundamental frequency. However for a HRECG signal, we need to take care of 3 rd and 5 th harmonics of PLI as well. Therefore, in case of 50 Hz power system, we need to track and eliminate 50, 150, and 250 Hz frequency components simultaneously. A raw HRECG signal recorded at National Institute of Heart Diseases (NIHD), Pakistan which is sampled at 1000 samples/s is presented in Fig. 1 . The HRECG waveform shown in Fig. 1 is in raw form i.e. it contains baseline drift, PLI along with its harmonics and other noises as well. To observe frequency components of this raw HRECG, its frequency spectrum is shown in Fig. 2 . The frequency spectrum shown in Fig. 2 clearly depicts the presence of fundamental frequency and odd harmonics of PLI; it is also evident that there is no presence of even harmonics. For HRECG we apply low pass filter at 300 Hz which means that we need to tackle 1 st (fundamental frequency), 3 rd , and 5 th harmonics only. 
where n is the discrete time index, ω is the normalized PLI frequency defined as 
Similarly the 3 rd and 4 th states represent 3 rd harmonic of PLI.
And the 5 th and 6 th states represent 5 th harmonic of PLI.
Using trigonometric identities, we may rewrite the six states as
x 4 [n] = α 3 (cos 3ωn cos ϕ 3 − sin 3ωn sin ϕ 3 )
x 5 [n] = α 5 (sin 5ωn cos ϕ 5 + cos 5ωn sin ϕ 5 )
x 6 [n] = α 5 (cos 5ωn cos ϕ 5 − sin 5ωn sin ϕ 5 )
Equation (6) may be rewritten as (7), shown at the bottom of this page. Defining initial condition at n = 0, we have
Putting initial conditions and considering states at n=1 in (7) we get (9) , as shown at the top of the next page.
Similarly, starting with initial states, we can recursively update states at any time n > 0.
The generalized form of (9) can be written as (10) 
III. PROPOSED SYSTEM A. PROPOSED STRUCTURE
A state space recursive least square (SSRLS) adaptive filter in the configuration as shown in Fig.3 is proposed for elimination of PLI from HRECG signal. Proposed layout suggests the use of SSRLS as adaptive noise canceller, in which 1 st , 3 rd , and 5 th harmonics of PLI are
adaptively tracked by SSRLS filter and then subtracted from corrupted HRECG signal to get pure HRECG. The overall filtration performance depends upon the tracking accuracy of the SSRLS filter. The performance of tracking depends on the selection of frequency for tracking whereas the frequency of PLI is not constant therefore we need to estimate the fundamental frequency of PLI and tune the SSRLS filter accordingly. For monitoring the frequency of PLI, an intelligent DFT is applied. A batch of data is processed to estimate fundamental PLI frequency and the estimated frequency is fed to adaptive filter. The HRECG signal is fed to adaptive filter through a delay block because of inherent delay involved in frequency estimation process.
The proposed combination allows us to adaptively adjust itself to any change in frequency and tracks the amplitude/ phase of 1 st , 3 rd , and 5 th harmonics of PLI for selective filtration without distorting the other frequency components of HRECG signal. The description of each block is given in subsequent sections.
B. FREQUENCY ESTIMATION
Fundamental frequency of PLI is estimated prior to application of SSRLS filter and is used for tracking 1 st , 3 rd , and 5 th harmonics by the SSRLS filter. In our previous work we proposed an intelligent DFT algorithm for high resolution frequency estimation of power line frequency in specified frequency band [16] . Intelligent DFT works on the assumption that PSD (Power Spectral Density) of PLI is dominated in the frequency band of 45-55Hz of a PLI corrupted HRECG signal. This assumption meets the criteria of a good quality HRECG signal which must not have PLI component more than 0.5% of peak to peak QRS amplitude [1] . The intelligent DFT algorithm is intelligent in a sense that it provides high resolution frequency estimation with less computational complexity as well as performs well with small data window size which makes it feasible for online frequency estimation. The intelligent DFT works on basic principle of a DFT. DFT of N points sequence is calculated as.
where N defines the size of data window selected for DFT and x n refers to nth discrete signal entity of selected window. k is the discrete frequency index defined by k = N (f /f s ), where f is the frequency in hertz and f s is sampling frequency.
For the case of diverging PLI frequency, our requirement is to observe online PLI frequency changes precisely. Since maximum variation in PLI frequency is limited to ±10%, we need to focus on the frequency band of 45-55Hz (in case of 50 Hz power system) for search of fundamental PLI frequency. The different techniques of Fast Fourier Transform (FFT) transform the complete frequency spectrum which makes it inefficient for this application. Moreover FFT cannot provide high resolution frequency estimation without zero padding when smaller window size is selected for transformation into frequency domain as discussed in detail in [16] .
On the other hand we can calculate DFT against desired discrete frequencies lying in frequency band of 45-55Hz by direct application of (11) . The frequency resolution achieved through DFT can be calculated by
where df is the frequency resolution, f is the desired frequency band and µ is the number of frequency bins. If we increase the frequency resolution, we need to increase the number of frequency bins thus require more computations to perform. Our desired frequency band ( f ) is 45-55 Hz.
To have frequency resolution of 0.01Hz through basic DFT algorithm, we require 1,000 frequency bins. In intelligent DFT algorithm, the frequency resolution is enhanced with less accumulative number of the frequency bins. Here df is gradually increased when f is gradually narrowed in search of fundamental PLI frequency. Resultantly we achieve higher frequency resolution with much reduced computational effort. No zero padding is used for enhancement of frequency resolution. Application of Hanning windowing is useful in order to overcome the spectral leakage issues. Functioning of intelligent DFT algorithm is depicted in flow chart shown in Fig. 4 .
For example frequency resolution of 0.01 Hz can be achieved with only 30 frequency bins in 45-55 Hz frequency band in three stages. In first stage, if we select 10 frequency bins, it will provide frequency resolution (df ) of 1 Hz and out of these 10 frequency bins, only one with maximum magnitude is chosen for next stage. In next stage, we have to deal with bandwidth of 1 Hz and recalculate the DFT with 10 frequency bins thus we achieve frequency resolution of 0.1 Hz. In this way, the frequency resolution is enhanced 10 times in each stage by just doubling the computation. Resultantly the frequency resolution of 0.01 Hz is achieved in three stages with 30 frequency bins instead of 10 3 frequency bins hence computational complexity is reduced manifolds. Working of proposed algorithm for frequency search of 49.36 Hz is illustrated in Fig. 5 .
The high resolution frequency estimation is achieved with a small batch of data without any zero padding. However to ensure less variation in the outcome of intelligent DFT, minimum size of data batch (N) is restricted to contain at least 10 cycles of the frequency to be observed.
For the case of fundamental frequency of PLI, the requirement is to observe 45-55Hz frequency band only. Therefore for a discrete signal having sampling frequency of 1 kHz, a batch of 250-500 samples is an appropriate choice. Increasing batch size further reduces the variation in outcome at the cost of delay incurred for collection of complete batch.
For online monitoring of variations in PLI frequency the intelligent DFT can be implemented on successive data segments as sliding DFT [18] . If the selection of next data 
window is done with a jump by number of samples equal to length of window, the connective windows are nonoverlapping. Use of non-overlapping windows technique requires less number of windows over the entire data length; renders minimum computational effort however observation delay of full window length is faced. To reduce observation time delay, the consecutive windows may be overlapped resultantly total numbers of data windows over entire length will increase. Since computational effort of intelligent DFT algorithm is much reduced therefore for each new window, intelligent DFT is reapplied without using the results of previous (partially overlapped) window. The increase in computational cost will be only in term of increased number of windows; conversely observation delay will also be reduced in same proportion. Using the half window overlap configuration is an appropriate choice.
Suppose at discrete time instance n, a batch of data x(n) consisting of N samples is selected as following
For the case of half window overlap configuration means that the connective data window slides by N/2 samples and is defined as
The observation delays for the case of non overlapping window as well as half window overlapping cases are shown in Fig. 6 .
C. DELAY BLOCK
To counter the delay caused because of batch processing of DFT algorithm, a delay block is used before adaptive filtration system as shown in Fig. 3 . The initial delay caused is equal to size of the data window; thereafter the amount of delay (D) depends on the number of samples we slide between two consecutive windows. The delay caused by half window overlap configuration is shown in Fig. 7 . For example if window size is the 500 samples and half window overlap configuration is used, the initial delay will be 500 samples and thereafter delay will be 250 samples. The ongoing delay can be reduced by increasing window overlap i.e. if window size of 500 samples is in 3/4 overlap configuration, the delay will be of 125 samples.
D. SSRLS ADAPTIVE FILTER
The SSRLS is an adaptive filter which works in state space framework [17] . Let the unforced discrete time state space system be described as follows.
where
x[n] is the state vector at time index n and A[n] is the system matrix. y[n] is the desired output vector, C[n] is output matrix and v[n]
is output disturbance vector which may be considered as observation noise.
Comparing (10) and (15), we have 
SSRLS filter estimates the statesx[n] on each observation y [n] . The working of SSRLS algorithm is summarized here.
The estimated state vector and estimated output is given bŷ
wherex[n] is a posteriori state estimate andx[n] is the a priori state estimate, defined as
ε[n] is the prediction error, taken as
y[n] is the predicted output state defined as
is the observer gain defined as
[n] is recursively updated by
where λ is the forgetting factor which defines the selectivity of adaptive filter and its value lies in the range of 0 < λ < 1. The value of λ close to 1 means highly selective filter i.e. it have narrow bandwidth. Working of SSRLS adaptive filter is shown in Fig. 8 . The tracking of 1 st , 3 rd , and 5 th harmonics of PLI are desired, therefore we choose C vector in (14) as
With this C vector, the estimated outputŷ(n) will be as follows.ŷ
Comparing (3), (4), (5), and (25) we havê [n] .
For initialization, regularization or delayed recursion techniques are the choices; we choose the delayed recursion technique because of superior convergence properties [17] . In order to start the recursion of SSRLS, we need to define the initial estimate of statesx[0] and initial observer gain K [0] at time k = 0. The SSRLS filter starts with these arbitrary values and then adaptively estimates the states of the system.
During the initial period, the selectivity of proposed adaptive filter is not taken very high i.e. λ ≤ 0.95 because the value of ω is not certain. During the initial period, ω is also estimated simultaneously by intelligent DFT. After the initial period, the SSRLS is tuned with correct value of ω and λ is also enhanced for highly selective narrow band tracking. The wider band tracking during initialization, allows us to track surrounding frequency components of ω which is initially tuned at an arbitrary value.
IV. RESULTS

A. THE TEST SIGNAL
For testing/demonstration of proposed algorithm, a HRECG signal acquired from National Institute of Heart Diseases (NIHD) at sampling rate of 1000 samples/s is selected as test signal. This test signal is then normalized to have peak to peak amplitude of 1. Pure sample HRECG signal is shown in Fig. 9 .
The selected test signal is also coupled with small scale high frequency noise components but does not contain baseline drift and PLI harmonics. Elimination of these high frequency noise components is not within scope of this paper. Rather it will demonstrate the performance of proposed adaptive scheme in the presence of other types of high frequency information. Frequency spectrum of HRECG test signal is shown in Fig. 10 . The proposed system was tested successfully with the PLI noise having fundamental frequency in the frequency band of 45-55 Hz taking various SNR (Signal to Noise Ratio) of its harmonics.
For a case study, PLI noise having fundamental frequency f L = 50.38 Hz and its odd harmonics is formulated with following proportion.
x PLI = 1 10 sin ω + 1 50 sin 3ω + 1 100 sin 5ω (28) where ω = 2π f L /f s and f s = 1KHz. Relative amplitudes of 1 st , 3 rd , and 5 th harmonics of PLI and consequently composite PLI signal x PLI are shown in Fig. 11 .
The composite PLI is mixed with pure HRECG signal to construct a PLI corrupted HRECG signal as defined in (1) and its SNR value is 7.46 dB (decibels). The corrupted HRECG signal is shown in Fig. 12 .
The frequency spectrum of corrupted HRECG signal is presented in Fig. 13 which clearly depicts the presence of 1 st , 3 rd , and 5 th harmonics at 50.38Hz, 151.14Hz, and 251.90Hz respectively. 
B. ESTIMATION OF PARAMETER ω
The normalized PLI frequency is defined as ω = 2π f L /f s , f L is the fundamental PLI frequency which is estimated through intelligent DFT algorithm. For estimation of fundamental frequency of PLI, window size of 500 samples is selected and Hanning windowing is applied to reduce spectral leakage. Intelligent DFT algorithm is implemented with selection of 10 frequency bins (µ) in each stage and starting with frequency band ( f ) of 45-55Hz, we achieve frequency resolution (df ) of 0.01Hz in three stages. Results of first three stages are shown in Fig. 14 .
Estimation of fundamental frequency of PLI through intelligent DFT is shown in Fig. 15 . The frequency is estimated in range of 50.36-50.40 Hz against actual frequency of 50.38Hz and the maximum deviation from actual frequency remains within ±0.02 Hz. 
C. ADAPTIVE FILTRATION
For initialization of SSRLS adaptive filter, delayed recursion technique is selected [17] . SSRLS is a recursive filter, therefore we need to start with arbitrary values of certain parameters which include ω, λ, . Tracking of composite PLI signal by SSRLS filter during initialization period is shown in Fig. 16 .
After the initial period, the SSRLS is tuned with correct value of ω estimated by intelligent DFT and the state transition matrix is modified. Simultaneously value of λ is also raised to 0.99 to enhance tracking performance. Filtration error calculated as the difference between clean HRECG signal and Filtered HRECG signal is shown in Fig. 17 , which is negligible after initialization period. The frequency spectrum of PLI tracking signal is shown in Fig. 18 (a) which reflects precise tracking of 1 st , 3 rd , and 5 th harmonics of PLI by proposed system. The frequency spectrum of 10,000 samples (10 seconds) of filtered HRECG signal is shown in Fig. 18 (b) which shows complete elimination of 1 st , 3 rd , and 5 th harmonics of PLI frequency.
To ascertain the functioning of proposed filter in real situation, HRECG signals which contains PLI harmonics were also tested and output performance was same as was observed with simulated test signal. A case of 10 seconds segment of HRECG signal corrupted with PLI along with its harmonics and other noises is shown in Fig 19(a) . The frequency spectrum of corrupted signal is shown in Fig 19(b) which clearly depicts the presence of PLI and its harmonics. Since the scope of this paper is limited to elimination of 1 st , 3 rd , and 5 th harmonics of PLI only, the filtration of harmonic components of PLI above 300 Hz and other noises are not handled during testing. The frequency spectrum of filtered HRECG signal is shown in Fig 19(c) . It can be observed that 1 st , 3 rd , and 5 th harmonics of PLI are completely eliminated whereas higher harmonic components are still present. All frequency components above 300 Hz including PLI harmonics can be filtered out through low pass filter in another stage.
D. PERFORMANCE ANALYSIS
Performance of proposed filter is compared with the notch filter. For our case study we need three cascaded 2 nd order IIR notch filters for elimination of 1 st , 3 rd , and 5 th harmonics of PLI. First of all, it is assumed that PLI frequency is known and remains fixed at 50.38 Hz. Therefore notch filters are tuned at f L (50.38 Hz), 3 × f L (151.14 Hz), and 5 × f L (251.90 Hz) to eliminate 1 st , 3 rd , and 5 th harmonic of PLI respectively. The quality factor of these notch filters is taken as 100 for better characteristics.
The clean HRECG signal, corrupted HRECG signal, the output of notch filter and the output of proposed filter are presented in Fig. 20 . It is evident that transition period of FIGURE 20. Filtration quality of SSRLS adaptive filter and notch filter. VOLUME 4, 2016 notch filter is much greater than of the SSRLS adaptive filter.
Having the input SNR level of 7.46 dB, the output of proposed system achieves SNR level of 31.46 dB whereas output of notch filter has the SNR level of 18.55 dB. The performances of both filters were checked at various SNRs and difference in the output SNRs of both filters was akin. For a case of high SNR where input SNR is 27.46 dB, output SNRs of proposed system and notch filter are 49.72 dB and 37.73 dB respectively. Similarly for a case of low SNR where input SNR is 1.434 dB, the output of proposed system and notch filter have SNRs 24.56 dB and 12.75 dB respectively. Let us now compare the performance of both the filters when there is a step change in amplitude of PLI. The effect of step change in amplitude of PLI is produced by abruptly increasing the amplitudes of 1 st , 3 rd , and 5 th harmonics of PLI then it is mixed with pure HRECG. The results of step change in PLI amplitude are shown in Fig. 21 which shows that SSRLS filter quickly adapt to track changes in amplitude and thus filter it out from HRECG where as notch filter combination is unable to handle it fast and HRECG signal remains corrupted for long duration. With this configuration, the SNR level of input signal is 2.52 dB and the output of proposed system achieves SNR level of 27.81 dB whereas output of notch filter has the SNR level of 17.07 dB.
To observe ongoing continuous change in amplitude of PLI, effect of ramp increase in amplitude of composite PLI signal is produced and results are presented in Fig. 22 . In this case, the SNR level of input signal is 3.13 dB and the output of proposed system achieves SNR level of 37.56 dB whereas output of notch filter has the SNR level of 22.48 dB.
The zoomed-in view of filtered outputs of SSRLS adaptive filter and notch filter are presented in Fig. 23 . Note the variations in clean HRECG signal are because of presence of high frequency components. Regardless of changing amplitude of PLI, the output of proposed system matches with the minor variations of pure HRECG signal whereas notch filter exhibits greater error. Now let us compare the response of both the filters when PLI frequency variation occurs. For simulation of frequency variation, fundamental frequency of PLI is changed from 50.38Hz to 51.75Hz at 5.3 seconds of HRECG data. The result of intelligent DFT algorithm applied with 50% sliding window configuration is shown in Fig. 24 .
SSRLS adaptive filter is incessantly tuned with the updated frequency estimation by intelligent DFT. For having comparison of notch filter with SSRLS adaptive filter, notch filter is also run in adaptive manner with continuous update of notch frequencies. The results of both SSRLS adaptive filter and notch filter are shown in Fig. 25 and it is observed that SSRLS adaptive filter swiftly converge to change in frequency whereas transition time of notch filter is much larger as compared to SSRLS adaptive filter. In this case the SNR level of input signal is 7.46 dB and the output of proposed system achieves SNR level of 22.14 dB whereas output of notch filter has the SNR level of 15.95 dB.
Comparing the results of SSRLS adaptive filter and notch filter, it can be straight way concluded that performance of SSRLS adaptive filter is much better than the notch filter combination. However computational complexity of SSRLS adaptive filter is high as compared to IIR notch filter because of involvement of matrices operation in state space model therefore execution speed of SSRLS adaptive filter is less as compared to notch filter.
The proposed system can be used for filtration of PLI from intracardiac signals by extending the system to filter 7 th and 9 th harmonics of PLI from corrupted intracardiac signals in which the useful frequency components are up to 500 Hz. 
V. CONCLUSION
This research paper implements a state space based adaptive filter for tracking and elimination of power line interference and its harmonics from HRECG signal. The SSRLS adaptive filter is used which is recursive in nature and has reduced computational complexity. Unlike Kalman filter, SSRLS filter does not require process/observation noise covariance for accurate tracking of PLI and its harmonics. The PLI tracking accuracy of proposed filter depends only on two parameters; first is tuning frequency and the second parameter is forgetting factor which determines the bandwidth of the tracking signal. For high selectivity, we can choose a higher value of forgetting factor but at the same time, the high selectivity can affect the performance if tuning frequency is not accurate. Power line frequency remains fluctuating therefore continuous update of the tuning frequency is required. For ongoing power line frequency estimation, an intelligent DFT based system has been incorporated which continuously tunes the adaptive filter. The proposed system does not require any reference signal for tracking the PLI and its harmonics; it is capable to self adjust its tuning frequency for highly precise filtration of 1 st , 3 rd and 5 th harmonics of PLI. Separate tracking of all harmonic components enables the proposed system to work well in non-stationary environment without distorting underlying HRECG signal. The proposed system can be extended for filtration of PLI and its harmonics from intracardiac signals.
